ABSTRACT This paper presents a multiple frequency bands-switching scheme for wideband channel sounding, which is able to extend the overall sounding bandwidth without changing operation bandwidth of the hardware. It is especially suitable for low mobility and high data-rate scenarios (e.g., indoor hot spot) in the fifth generation mobile communication systems. With this scheme, a channel sounder is developed on a software-defined radio platform that employs an orthogonal frequency division multiplexing signal at 5.6 GHz. In each sounding cycle, ten concatenated frequency bands (20 MHz bandwidth) are covered to acquire an equivalent measurement over a 200-MHz bandwidth, corresponding to 5-ns time delay resolution. The key challenges and solutions for hardware system calibration, including amplitude and phase compensation on different frequency bands, are detailed to ensure the accuracy of measurement results. Next, the spurious free dynamic range of channel impulse response is modeled and verified for this sounding scheme. Finally, to explore the massive multiple-input-multiple-output channel characteristics in indoor scenarios, a virtual large antenna array is built based on the wideband sounder.
I. INTRODUCTION
Wireless communications will grow exponentially with the increase of users including people and machines in the near future [1] , [2] . It is widely agreed that in the fifth generation (5G) wireless network, a 1000 times (1000×) system capacity should be achieved compared with the fourth generation (4G) network [2] . However, the carrier frequency spectrum allotted for cellular service providers is limited to the range between 700 MHz and 2.6 GHz [3] . To overcome the bandwidth shortage, higher frequency spectrum in 3-6 GHz and even in the millimeter wave (mm-wave) band (such as 28 GHz, 38 GHz and 60 GHz) is exploited for wireless wideband communications, where the available spectrum is more than 1 GHz [3] , [4] . In 5G wireless networks, the spectrum could be divided into a low-frequency band (LFB, below 6 GHz) and a high-frequency band (HFB, above 6 GHz) according to different propagation characteristics [5] . For low-frequency band, one of its main application scenarios is high-capacity hot-spot. Since mobile users stay indoors (office, house, etc.) for about 80 percent of time [2] , an inter-provider spectrum sharing strategy is considered with contiguous 180 MHz bandwidth in 3-6 GHz frequency band for indoor hot-spot scenario [5] . Besides, in long-term-evolution (LTE) release 13, the licensed assisted access (LAA) in 5 GHz band will be exploited for operatordeployed small cells and more than 100 MHz bandwidth could be available [6] . Therefore, the potential of 5 GHz band in LFB should be fully investigated in the beyond 4G (B4G) and 5G era.
Another solution to the 1000× challenge is to improve spectrum efficiency with massive multiple-input-multipleoutput (MIMO), which is one of the most promising technologies in 5G [7] , [8] . Various channel measurement campaigns have been conducted to investigate its propagation characteristics. In LFB measurement, the central carrier frequency mainly concentrates on 2.6 GHz [9] - [11] , and other frequencies such as 3.7 GHz [12] , 4.45 GHz [13] , and 5.8 GHz [14] have been covered recently with no more than 100 MHz bandwidth.
To further characterize the propagation channel towards 5G networks in LFB, this paper developed a functionexpandable wideband channel sounder working at 5 GHz band with the bandwidth of 200 MHz. For wideband channel sounding, several methods have been employed in previous work. A direct method is the sweep-frequency technique using vector network analyzers (VNA) with a relatively long measurement time [15] . Coded pulse waveform such as pseudo noise (PN) sequences [3] , [16] and multicarrier waveform [17] can be employed for fast wideband channel sounding. However, the maximum bandwidth is limited by hardware components such as analog to digital convertors (ADC), digital to analog convertors (DAC) and analog filters. High performance hardware will increase the implementation complexity and cost significantly. In this paper, an alternative solution is proposed for wideband channel sounding in frequency domain: sounding multiple neighboring frequency bands sequentially to get an equivalent high bandwidth and high time delay resolution. In this scheme, a single frequency band is sounded in each run within the M-band sounding cycle. Consequently, the time consumption could be reduced to an acceptable level for indoor low mobility scenarios, while the baseband signal does not exceed the hardware's operation bandwidth. Since the sounder is implemented on a software-defined radio (SDR) platform, the number of frequency bands is easy to be adjusted for different bandwidth requirements. The host computer has various interfaces supporting different function extensions, e.g., virtual large-scale antenna arrays could be built by connecting guide rails, stepping motors and single-chip micro-controllers to the computer.
Furthermore, in the system calibration process, several challenges have been addressed to achieve the equivalent wideband channel sounding. First, the power gain of the hardware varies on different frequency bands and on the edge of a single band. Second, the phase response of the sounder is discontinuous on the whole bandwidth because of the phase offset between neighboring bands; meanwhile, the phase response is not strictly linear within a single band. Third but the most challenging one, the sampling offset varies on different bands, which will smear the phase response over the whole bandwidth. Moreover, it will change with time as long as carrier frequency offset exists between the transmitter and receiver. These factors are modeled in the amplitude and phase responses of the hardware system and estimated through back-to-back test. Finally, their impacts are taken into consideration and calibrated out from the measurement results.
Besides, for the multiple frequency bands (''multi-band'' for short in the rest of this paper) switching scheme, the noise floor and spurious free dynamic range (SFDR) of the measured channel impulse response (CIR) are analyzed and modeled in this paper. The upper and lower bounds of SFDR are derived according to the received signal-to-noise ratio (SNR) and power difference between the strongest signal path and the whole received multipath components.
The remainder of this paper is organized as follows. The system design details for multi-band sounding are illustrated in Section II, and Section III introduces the hardware setup of the sounder. In Section IV, the data post-processing and system calibration procedure are detailed. Section V concentrates on the performance validation and application in indoor channel sounding. Finally, conclusions are given in Section VI.
II. SYSTEM DESIGN FOR MULTI-BAND CHANNEL SOUNDING
For indoor wireless communications, the propagation environment mainly includes line-of-sight (LOS), obstructed line-of-sight (OLOS) and non-line-of-sight (NLOS) scenarios. The size for offices or living rooms is usually no more than 10m × 10m, but for laboratories or meeting rooms, the size will be larger on the order of 30m × 30m; the length of corridors in buildings is on the order of 100 m in general [16] , [18] , [19] . The maximum excess delay is less than 1 µs for most indoor scenarios in previous work. Therefore, a maximum excess delay of 1.6 µs is appropriate for indoor channel sounding in most cases. The SDR platform supports 20 MHz operation bandwidth in 802.11a standard, which limits the bandwidth of each sub-band. As summarized in Section I, the sounding bandwidth in most massive MIMO channel measurements is no more than 100 MHz for LFB, and therefore 200 MHz bandwidth with 10 sub-bands is targeted in this paper. The theoretical time delay resolution is 5 ns (i.e., 1.5 m in distance), the same as that of the cluster delay line (CDL) models in [16] . Higher delay resolution can be acquired with more sub-bands if needed in the future.
The wireless channel is time-variant due to Doppler shift or changes of background environment, and the channel sounding snapshot frequency should satisfy f snap ≥ 2f Dmax , where f Dmax = v/λ is the maximum Doppler shift (v is the velocity and λ is the wavelength of the carrier frequency). For example, when the moving speed is 2 m/s, the snapshot interval should be less than 13.4 ms at 5.6 GHz. In fact, the speed for indoor users are usually less than 2 m/s, which allows longer snapshot interval.
In this section, the system model of multi-band switching scheme for wideband channel sounding is first developed, and the design of the sounding signal format is also detailed corresponding to the performance requirements. In the last part, the factors affecting the sounder's performance in implementation are analyzed and modeled.
A. MULTI-BAND SWITCHING SCHEME
In the multi-band switching scheme, multiple neighboring operation bands are sounded sequentially (as shown in Fig. 1 ) to get an equivalent wide bandwidth, and the sounding cycle period with M bands is: where T B is the sounding time on a single band, and T g is the guard time after switching operation band. T g is relevant to the frequency switching time of the hardware, usually less than 100 µs. Assuming the wireless channel is quasistationary during the sounding cycle with M bands, the equivalent time delay resolution will be τ res =
, where B 0 is the bandwidth of each sub-band.
Next, the system model for the multi-band switching scheme is discussed. Here, the equivalent baseband channel model is employed, and the CIR on each sub-band is modeled as [20] 
where φ n (t) = 2π f c τ n (t) − φ Dn − φ 0 , N (t) + 1 is the number of resolvable multipath components (n = 0 corresponding to the LOS path), f c is the carrier frequency, and φ 0 is the initial phase; α n (t), τ n (t), φ Dn are the amplitude, delay, and Doppler phase shift for each path, respectively. Assuming the channel is quasi-stationary during the sounding cycle and ignoring the Doppler effect, (2) is simplified as
where φ n = 2πf c τ n − φ 0 . In the multi-band switching scheme, the channel transfer function (CTF) over the whole bandwidth is acquired by combining the CTF on each band in frequency domain. To get the CTF, Fourier transform is performed on the i-th sub-band
where f ∈ [−B 0 /2, B 0 /2) is the baseband frequency which is identical for all sub-bands, and the central frequency is
The CTF over the whole bandwidth is the combination of the CTF on each sub-band
Note that the f in H (f ) covers the whole sounding bandwidth, but for simplicity the same symbol is used as that in H i (f ). Finally, the CIR is acquired by the inverse Fourier transform (IFT) of CTF, i.e., h(τ ) = IFT {H (f )}. The simulation system in Section V will be implemented based on the above equations.
B. FRAME STRUCTURE OF SOUNDING SIGNAL
To perform wideband channel sounding, the probe signal on each sub-band is generated following the principles of orthogonal frequency division multiplexing (OFDM). The frame structure of the sounding signal (Fig. 2) consists of two sections: training sequence section and data section. The training sequence section refers to the 802.11a standard: ten short training sequences (STS) are used for frame synchronization and two long training sequences (LTS) are used for symbol synchronization [21] .
In the data section, at least three identical OFDM symbols should be employed and the second data symbol is chosen to acquire the channel sounding result. The former data symbol could be considered as a guard interval to the later one, which makes sure the observable maximum time delay is free of inter symbol interference (ISI). The data subcarriers are modulated by binary phase shift keying (BPSK) so that the frequency spectrum is flat over the baseband. In this frame structure, the number of data subcarriers and the subcarrier spacing can be set flexibly. In our implementation, STS and LTS of the sounding frame follows 802.11a standard, but the number of subcarriers in data section is 64 instead of 53. The subcarrier spacing is 312.5 kHz and the data symbol duration is thus 3.2 µs (T sym = 1/f subc ) which determines the observable time delay window. To explain the observable time delay window for this data structure, an example of a four-path channel is also shown in Fig. 2 . During the frame and symbol synchronization, the strongest signal path will be detected by the auto-and cross-correlation module, and the observation window will be located on the ''Data2'' symbol in this path. In Fig. 2 , the VOLUME 5, 2017 second arrived ''Path 1'' is assumed to have the maximum strength and the start point of ''Data2'' in this path will be the ''zero point'' in the measured CIR. For the first arrived ''Path 0'', actually the head of ''Data3'' falls into the observation window, and it will be located in the negative part on the delay axis due to the shift (i.e., −τ 1 ). In this case (mainly in NLOS scenarios), the zero point of the initial measured CIR could be adjusted to avoid negative time delay. Another consideration is the maximum excess delay for this frame structure. In Fig. 2 , the delay of ''Path 3'' exceeds half of the symbol interval. Assuming τ 3 = τ 1 + T sym /2, then ''Path 3'' will overlap with ''Path 0'' in the measured CIR. Therefore, the unambiguous time delay range is [−T sym /2, T sym /2] centered at the strongest signal path.
As discussed at the beginning of this section, the snapshot duration limits the moving speed of the sounder. In realization, 10 data symbols are employed and the duration of a single frame is 48 µs. Two frames with an empty interval are transmitted on each frequency band to increase system margin, i.e., T B = 150 µs. The guard interval for frequency switch T g is set at 150 µs and 10 concatenated frequency bands are sounded in one switching cycle. The snapshot duration is 3 ms supporting a maximum Doppler shift of 166.7 Hz, which is adequate for indoor measurement. For multiple antenna measurement, the snapshot duration will increase significantly (proportional to the number of antennas).
C. SYSTEM PERFORMANCE ANALYSIS
For a wideband channel sounder, the ability to distinguish multipath components with small relative delay or large power difference accurately is important, which could be specified by time delay resolution and SFDR of CIR. Therefore, in this part the impact of carrier frequency stability on measured CIR is analyzed, and the SFDR of CIR is modeled, which will be further verified in Section V.
1) FREQUENCY STABILITY
Frequency stability is important for accurate channel measurement, which is usually specified in terms of Allan variance. It measures the deviation of the frequency from the ideal reference oscillator [22] . The short-term stability is also known as phase noise and the long-term stability could be considered as frequency offset. Applying (3), the impact of frequency stability on time-invariant multipath CIR is modeled as [23] 
where t m is the measurement time, γ is the normalized carrier frequency offset, and (t m ) is the phase noise process, respectively. The measured CIR is time-varying due to the relative drift between the two reference sources (at the channel sounder transmitter and receiver, respectively) and should be limited within a tolerable range. According to [22] , for accurate time delay measurement, the tolerable frequency offset is determined by the time delay resolution and the overall measurement duration, i.e., γ t m ≤ τ res . As the frequency offset can be estimated through back-to-back test, its impact on the measurement results could be corrected. The phase noise will increase the noise floor of the sounder and decrease the dynamic range of the measured CIR.
However, in the multi-band switching scheme, the time drift caused by frequency offset will make the sampling offset between neighboring bands difficult to be compensated. Therefore, in our implementation, the transmitter and receiver are synchronized by the same low phase noise reference clock to support sampling offset calibration. This will be further analyzed in Section IV.
2) SPURIOUS FREE DYNAMIC RANGE OF CIR
Spurious free dynamic range of CIR is an important performance indicator for a channel sounder. Here, the SFDR of ADCs can be referred to define the SFDR of CIR for a sounder. The SFDR of an ADC is the ratio of the input signal strength to the next peak spurious signal or peak harmonic in frequency domain [24] . Similarly, the SFDR of CIR is defined as the power ratio of the strongest multipath component to the peak spur of noise in the time delay domain. As the peak spur is not constant due to the randomness of noise in different conditions, its level will be replaced by the average noise floor plus a margin in the following discussion.
To get the SFDR, the relationship between the received SNR and noise floor should be analyzed first. The noise floor here is defined as the average level of noise in the power delay profile (PDP). The PDP contains the power of both the multipath components and the noise. Assuming the average noise floor is constant over all the excess delay bins, and each resolvable signal path lasts for one delay bin τ , the received SNR could be calculated as
where P n is the signal power of the n-th path, N f is the noise floor, and L is the number of inverse fast Fourier transform (IFFT) points, respectively. Therefore, the average noise floor is
where P s = 10 log(
Note that L is equal to the number of IFFT points according to (8) , corresponding to a delay
The accuracy of (9) will be verified by simulation results in Section V. Next, the SFDR of CIR could be estimated based on the average noise floor in (9) . A multipath component should be higher than the peak spur of noise so as to be detected. Therefore, a conservative margin should be added to the average noise floor to avoid the impact of randomness of noise.
The value of the margin will also be discussed in Section V, which is set at 15 dB according to simulation results.
Assuming the power of the strongest path is P 0 (dB), the SFDR of CIR is calculated according to the definition as
where MG (in decibels) is the margin for peak noise spur. The upper and lower bounds of the SFDR could be estimated according to (10) . In real hardware system, the thermal noise level in the receiver is determined by its operation bandwidth and noise figure [22] , and the received signal power could not increase infinitely as strong signal strength will saturate the output. Therefore, the received SNR has an upper bound, which could be acquired by measurement. Besides, an extreme case of the wireless channel is that there is only one propagation path from the transmitter to the receiver and P 0 equals to P s . Under this condition, the upper bound or full scale (FS) of SFDR could be estimated as:
where ρ max (in decibels) is the maximum received SNR. The estimation for the lower bound (LB) of SFDR is not as straightforward as that of the upper bound. To ensure the performance of the receiver such as the accuracy of frame synchronization, the received SNR should have a lower bound, which could be acquired by measurement as well. Another factor is the relationship between P 0 and P s , which depends on the propagation channel: in NLOS scenarios, P 0 is much lower than P s compared with that in the LOS scenarios. The lower bound of SFDR is acquired according to the channel condition: (12) where ρ min (in decibels) is the minimum received SNR, and P is the maximum absolute power difference between P 0 and P s in specific wireless scenarios.
III. HARDWARE SETUP
The channel sounder is developed based on an SDR platform (Sora in [25] ) in commodity computers. The baseband digital signal processing is done in software, and the radio control board interconnects RF front-ends to host computers using the PCI-Express interface. Both the transmitter and receiver use a direct frequency conversion architecture, as shown in Fig. 3 . The finite impulse response (FIR) and half-band (HB) filters are used for interpolation (INT) in the transmitter and decimation (DEC) in the receiver. They provide bandwidth limiting and input data rate translation for digital to analog conversion or analog to digital conversion. The 12-bit DAC and ADC provide a maximum data rate of 61.44 million samples per second (MSPS), while the maximum bandwidth of the analog filter is 56 MHz. The maximum transmitting power at 5.5 GHz is −5 dBm within 20 MHz bandwidth (802.11a standard), and long distance measurement could be supported by adding an external power amplifier (PA) to the transmitter, or a low noise amplifier (LNA) to the receiver. The noise figure of the receiver is 3.8 dB with the maximum Rx gain at 5.5 GHz. The RF board of the channel sounder operates in the 70 MHz to 6 GHz frequency range, while the omnidirectional vertically polarized sleevedipole antenna designed for the sounder covers 4.9-5.9 GHz, with a 3 dB beam width of 90 • in the E-plane. The transmitter and receiver are synchronized by a high-precision GPS-disciplined 10 MHz reference clock generator with the stability of 1 × 10 −11 . With the GPS reference clock, the RF phase locked loop (RFPLL) generates the required local oscillator (LO) for the RF transceiver and the baseband phase locked loop (BBPLL) generates the sampling and internal operational clocks. The output power of the GPS reference clock generator is 10 dBm, and length of coaxial RF cables connecting the transmitter and receiver can be tens of meters. In real indoor measurement, the sounder works well when the length of both cables is 30 m.
To get the SFDR of the channel sounder, back-to-back test is performed by connecting the transmitter and receiver directly with coaxial RF cables and attenuators. The transmitted power increases at a step of 2 dB, and the received signal (at a fixed Rx gain) is processed to calculate the SNR and check whether the received signal is saturated or not. It is found that the maximum received SNR is 32 dB, and the maximum SFDR is calculated as 45 dB according to (11) when L equals to 640 and MG = 15 dB. It should be noted that the OFDM signal has high peakto-average power ratio (PAPR), which limits the received SNR. Besides, to ensure the accuracy of frame synchronization, the minimum received SNR is found to be 16 dB in the measurement. In LOS scenarios, the power of the LOS path is dominant, and the lower bound of SFDR is around 29 dB. In NLOS scenarios, however, the strongest path power can be 8 dB lower than that of all the multipath components according to A1 NLOS model in [16] , and the lower bound of SFDR can be set at 20 dB in this case. The key properties of the wideband channel sounder are listed in Table 1 . 
IV. DATA PROCESSING AND SYSTEM CALIBRATION
In the multi-band switching scheme, the receiver detects and stores the probe signal frame and then switches to the next frequency band synchronously with the transmitter in a sounding cycle. In data post-processing, synchronization is first performed to find the exact starting point of the received symbol. Then fast Fourier transform (FFT) is performed on both the transmitted and received symbols to acquire the H i (f ) on each frequency band. The channel transfer function H (f ) over the whole bandwidth is the combination of H i (f ) on all the sub-bands, referring to Eqs.(4)- (6) . System calibration is vital to remove the impacts of hardware imperfectness, which will be detailed in this section. Finally, the channel impulse response is derived by the IFFT of H (f ). The post-processing procedure is shown in Fig. 4 .
To acquire accurate channel characteristic parameters, the channel sounder should be a linear time-invariant (LTI) system. But due to hardware imperfectness, the amplitude response of the sounder is not constant and the phase response is non-linear, which should be calibrated. Besides, as the sounder employs multiple frequency bands to extend the sounding bandwidth, sampling synchronization in all bands is vital to get an equivalent wideband result.
In back-to-back test with 10 sub-bands from 5500 MHz to 5700 MHz, 100 snapshots are acquired to eliminate randomness. The channel transfer function of the sounder itself could be modeled as
where i is the index of frequency band, R si (f ) is the received signal, S(f ) is the transmitted signal, A si (f ) is the amplitude response, and ϕ si (f ) is the phase response, respectively. 
A. AMPLITUDE CALIBRATION
The amplitude response varies on different subcarriers (intraband) and different bands (inter-band), which introduces fake multipath components in CIR. Because the fluctuant amplitude response plays the same role as frequency selective fading of multipath channel. Therefore, the amplitude response on the whole bandwidth should be calibrated to be constant. The intra-band and inter-band calibration can be done with A s0 (f ) at the same time, where f covers the whole sounding bandwidth. An example is shown in Fig. 5 . The amplitude response of the hardware system varies within 1 dB after calibration, which is nearly flat over the whole bandwidth.
B. PHASE CALIBRATION
The phase calibration for the multi-band channel sounder is more complicated compared with the amplitude calibration. The phase response of the hardware system mainly consists of three parts: intra-band non-linear phase response, initial phase offset between neighboring bands, and linear phase shift caused by sampling offset. Therefore, the phase response on each band could be modeled as
where f is the baseband frequency, k i is the slope of the phase response caused by sampling offset, ϕ NLi (f ) is the non-linear phase response, and ϕ 0i is the initial phase offset, respectively.
1) NON-LINEAR PHASE RESPONSE
The phase response of the hardware system is not strictly linear within a single operation band, which should be removed. On each band, the relative non-linear phase calibration data is acquired as
where ϕ NLi (f 1 ) is the non-linear phase response on the first subcarrier. The non-linear phase calibration data ϕ NL0 (f ) is the union of ϕ NLi0 (f ) on all bands, as shown in Fig. 6 . It will be employed to compensate the non-linear phase response of the sounder. 
2) SAMPLING OFFSET
In multi-band sounding, sampling offsets exist in all bands and introduce phase shifts in frequency domain, as shown in Fig. 7 . Assuming s(t) is the transmitted signal, the sampling offset varies on different frequency bands in the receiver. That means the sampling positions in the duration of one symbol are not strictly consistent for different bands. The slope of the phase response k i in (14) represents the sampling offset in the i-th band:
where T s is the sampling interval. As analyzed in Part II-C1, the frequency offset between the transmitter and receiver introduces a drift in the measured CIR, i.e., the position of multipath in the CIR will move with time. To better analyze the phenomenon, another single band (20 MHz) back-to-back test is performed on the carrier frequency of 5.5 GHz, and 300 continuous data frames are saved to get the phase response of the wired one-path channel. The sampling offset for each frame is estimated from the phase response with (14) and (16) . The estimated sampling offset increases linearly with time as shown in Fig. 8 . In this condition, the sampling offset in a single band can be expressed as
where γ is the normalized carrier frequency offset, t m is the measurement time, and T 0i is the initial sampling offset in the i-th band, respectively. According to (17) the frequency offset is found to be 1.33 × 10 −7 in the measurement. Note that for this experiment, the frequency stability of local oscillators in the transmitter and receiver is 0.1 ppm, which is consistent with the estimation. This sampling offset issue is the key challenge in multiband sounding scheme. The sampling offsets in each subband are different, and will drift with time simultaneously if VOLUME 5, 2017 frequency offset exists between the transmitter and receiver. As a result, the relative delay of detected multipath components will be disordered.
To solve this problem, the transmitter and receiver are synchronized by the same high-precision GPS clock as described in Section III, to ensure that the long term frequency offset between the two terminals approaches to zero , i.e., γ → 0 in (17) . In this condition, the sampling offsets in each subband will be stable in the duration of measurement. The multiband calibration data (100 snapshots) is analyzed to find the variation pattern of sampling offsets in different bands. The estimated sampling offsets for each band in the 100 snapshots are shown in Fig. 9(a) . Compared with the results in Fig. 8 , the sampling offsets in each band are relatively stable, and there is no drift with measurement time. The probability density functions (PDF) of sampling offsets in the 10 bands are plotted in Fig. 9(b) . The average standard deviation of sampling offsets for all the ten bands is calculated to be 0.12 ns. Therefore, the sampling offset can be compensated with the mean value as shown in Fig. 10 .
It should be noted that the mean sampling offset pattern in Fig. 10 is stable once the sounder starts up, but may vary if the hardware system is restarted. Therefore, the back-toback calibration test and wireless channel sounding should be performed in the same operating period of the sounder. 
3) INITIAL PHASE OFFSET BETWEEN NEIGHBORING BANDS
There exists an initial phase offset between neighboring bands, which makes the phase response discontinuous on the whole bandwidth. The phase offset between the i-th and the (i + 1)-th band can be calculated and removed directly:
where f K is the last subcarrier in the i-th band, and f 1 is the first subcarrier in the (i + 1)-th band. An example for the phase calibration is shown in Fig. 11 . The non-linear phase is first compensated but its absolute value is small compared with the phase shift caused by sampling offset. Therefore, the red dashed line nearly overlaps with the blue dotted line. After calibration, the phase response of the sounder is nearly constant. Note that the system delay is also removed in the calibration, which will not impact the calibration performance as it is constant for all sub-bands. 
V. SYSTEM VALIDATION AND APPLICATION
In this section, the feasibility of the proposed multi-band channel sounding method as well as the noise floor model in (9) is first verified by a simulation system. The time delay resolution of the channel sounder is validated by a wired two-path channel in the second part. Finally, the sounder is further developed for massive MIMO measurement in indoor wireless scenarios, where antenna correlation is analyzed.
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A. MULTI-BAND SOUNDING SIMULATION
To validate the feasibility of the proposed multi-band channel sounding method, a channel sounder simulation system is built with the equivalent baseband channel model in Part II-A and the probe signal in Part II-B. The system parameters are exactly the same with those in Table 1 .
In indoor scenarios, there exists abundant multipath components with relatively small time delay, which is suitable for wideband channel sounding. Therefore, the channel parameters in Table 2 are extracted from the LOS CDL model in indoor small office [16] . As the main advantage of the multi-band sounding scheme is high time delay resolution, only time delay and power parameters are considered in the simulation. The SNR in simulation is set at 20 dB. The simulation results are shown in Fig. 12 . In both PDP curves, the 11 multipath components are detected with accurate attenuation and time delay values as the settings in Table 2 . Therefore, the method of equivalent lowpass channel simulation in frequency domain is valid, and the proposed multi-band channel sounding scheme is feasible in theory.
To verify the accuracy of (9), the noise floor results are compared for different SNR values. According to the channel parameters in simulation, the absolute sum power of multipath signals is equal to 1.20 (0.80 dB), and the number of subcarriers is 640 (the same as the IFFT points). The calculated noise floor is acquired according to (9) , and the simulated noise floor is acquired by taking average of the data within the noise section in the simulated PDP, as shown in Fig. 12 . In Table 3 , the deviation of noise floors acquired in both methods is smaller than 1 dB, which is mainly introduced by the randomness of noise in each simulation realization. Therefore, Eq. (9) is solid in obtaining noise floor of the measured CIR. In Fig. 12 , the peak spurs in the noise section are 10.81 dB and 9.62 dB higher than the average noise floor when SNR is equal to 20 dB and 30 dB, respectively. Therefore, a conservative margin of 15 dB could be added to the average noise floor to avoid spurs. 
B. WIRED TWO-PATH CHANNEL VALIDATION
To validate the performance of the channel sounder, a wired two-path channel is built with RF cables, a splitter, a combiner and an attenuator, as shown in Fig. 13 . ''Path1'' and ''Path2'' represent RF cables with different lengths, simulating a twopath channel with a fixed time delay. The RF ports of the transmitter and receiver are connected via the wired channel directly.
The system parameters in the wired validation are listed in Table 4 . The parameters of the OFDM signal are the same with those in Table 1 . To test the time delay resolution of the channel sounder, the path difference of the two paths is set as 3 m and 6 m, respectively.
The phase velocity of radio wave in RF cables is relative to its material [26, Ch. 7] 
, where c is the velocity of light in vacuum, ε r = ε/ε 0 is the relative dielectric constant, and µ r = µ/µ 0 is the relative magnetic conductivity of the medium, respectively.
The dielectric of coaxial cable used in validation is foamed polyethylene, whose nominal velocity ratio is 81% [27] , i.e., the phase velocity in the cable is 0.81c. Therefore, the relative delays for path difference of 3 m and 6 m are 12.3 ns and 24.7 ns, respectively. The power difference of the two path is also tested as shown in Table 5 .
In system calibration, the channel transfer functions of the wired validation system are acquired and depicted in Fig. 14(a) . As only two paths exist in the channel, the amplitude and phase responses show significant periodicity. The periodicity is determined by the relative delay of the two signal paths, while the frequency selective fading depth is determined by their power difference. Therefore, the periodicity for the path difference of 3 m is nearly twice of that for the 6 m path difference, and the former's fading depth is larger as well.
The group delay of a system is defined as the opposite of the derivative of phase response on frequency (Chapter 4 in [28] ), i.e., τ g = − dϕ(f ) df . In Fig. 14(a) , the group delay varies on different frequencies. On the frequency point where deep fading happens, the absolute slope of the phase response is larger, corresponding to larger group delay. The reason lies in that when deep fading happens, the received SNR decreases resulting in a smaller channel capacity, i.e., data transmission in the system slows down. In a word, the multipath channel introduces deep fading and large group delay, which limits the channel capacity. Therefore, the transfer functions of the two-path channel are consistent with communication theories.
The power delay profile of the two-path channel is acquired with the IFFT of the channel transfer function in frequency domain. There are 640 subcarriers in the whole 200 MHz bandwidth and the time delay resolution is 5 ns. To get more details in the PDP, more points of IFFT can be employed by padding the frequency sequence with zeros at the tail. In this part, to better distinguish the two signal paths, 1024 points IFFT is employed (corresponding to 3.125 ns display resolution) for the 3 m path difference setup. For the 6 m path difference setup, the number of IFFT points is still 640. The PDPs for the first snapshot in each of the two setups are plotted in Fig. 14(b) . In each setup, the excess delay of the second path is consistent with the hardware settings.
As 100 snapshots are acquired in the wired two-path channel validation, the whole PDPs within the first 350 ns time delay range for the two setups are shown in Fig. 15 . The measured time delay and power attenuation of the second path are summarized in Table 5 . In all the 100 PDP validation results, the relative delays of the two paths are stable (12.5 ns and 25 ns) and the mean power attenuations are 7.6 dB and 10.9 dB for the 3 m and 6 m path difference setups, respectively. Therefore, the detected time delay and power attenuation results for the second signal path are very close to the setup. As the validation results in frequency and time delay domain show, the multi-band channel sounder has achieved the goal for high time delay resolution measurement. 
C. INDOOR OFFICE WIRELESS CHANNEL MEASUREMENT
After validation, the multi-band channel sounder is used in real scenarios for channel measurement and modelling. As stated in Section I, the aim of this paper is to develop a function-expandable wideband channel sounder for new mobile applications. To investigate the propagation characteristics of massive MIMO in indoor scenarios, measurement data is still needed, as most of channel measurement campaigns focus on outdoor or outdoor to indoor scenarios [19] . Therefore, a virtual linear large-scale antenna array with 64 antenna positions is built based on the wideband channel sounder, which is widely employed in massive MIMO channel measurement [9] , [10] .
In the virtual large-scale antenna array measurement system, the receive antenna is fixed on the slider of a guide rail, which is driven by a stepping motor. Once the sounding signal is received, the receiver will send a command to the singlechip micro-controller, and the latter drives the motor to move the receive antenna to the next position. The adjacent antenna spacing is 3 cm, slightly more than half of a wavelength. Two identical dipole antennas are employed in the transmitter and receiver, as introduced in Section III. An external LNA with a 29 dB gain at 5.5 GHz is added to the receiver for better system performance.
The performance of the sounding system is validated in indoor office wireless environment. The room is a typical office with desks and chairs, and the ceiling is 3 meters high while the antenna height of both the transmitter and receiver is 2 m. The setup of the measurement system in the office is shown in Fig. 16 .
In the last part, the stability of calibration in back-to-back test is verified by 100 snapshots for different path setups in the wired two-path channel. In real measurement, system stability is important as well [29] . In this part, the system stability is investigated in the static office environment, where the receive antenna is fixed at position ''Ant 35''. The calibration data is first acquired by back-to-back test with wire connection, and then wireless measurement is performed every 30 minutes. In each measurement, the sounder saves 100 snapshots and calculates the corresponding CIRs to check the stability of the sounding results. Fig. 17 shows the PDP curves at different measurement time. For each time, the PDP results in the first and 100th snapshots are plotted. The average received SNR is 21.5 dB, and the noise floor is −34.5 dB below the peak according to (9) . The delays of all the detected multipath components are less than 100 ns. To better show the results at different time, the peak power of PDP at ''t = 30min'' and ''t = 60min'' is displaced 20 dB and 40 dB downward, respectively. In Fig. 17 , the PDP curves for different measurement time show strong consistency. For all the snapshots at different measurement time, the average correlation coefficient of the PDP above the noise floor is larger than 0.96. According to the measurement setup, the relative delay between the LOS signal and the primary reflection components varies from 10 ns to 16 ns. As the delay resolution is 5 ns, the primary reflections are not clearly shown in the PDP. The cluster ''C2'' and ''C3'' are the double and multiple reflections. The sounding results during one hour at fixed antenna position show that the calibration is valid in real wireless channel measurement.
Spatial correlation plays an important rule in massive MIMO propagation channels [8] . Antenna correlation in the virtual large-scale antenna array is analyzed using the channel transfer functions. As the channel transfer function is complex, the correlation coefficient is also complex, which can be defined as [30, Ch. 4] 
where H i and H j are the channel transfer function at antenna i and j in the array, R ij is their cross covariance and R ii is the auto-covariance of H i , respectively. The complex correlation coefficient is a measurement of both modulus scaling effect and angular rotation effect. The antenna correlation coefficients for different spacing are calculated and averaged, and the first 32 absolute values are plotted in Fig. 18(a) . As the antenna spacing increases from d 0 , the antenna correlation decreases rapidly at first and then retains between 0.55 and 0.7. The signals received by two antennas could be considered as uncorrelated if their correlation coefficient is less than 0.7 [31] . But due to the LOS signal, antenna correlation at different spacings is still significant as the correlation coefficients are not far below 0.7.
The angular rotation effect should also be considered: e.g., if ρ i,j = e jπ/2 , the received signals at two antennas will be orthogonal even if their amplitudes are the same. In Fig. 18(b) , the complex correlation coefficients between antennas with spacing d 0 are plotted in the complex plane. As the result shows, in LOS indoor scenario the received signals at neighboring antennas can be nearly orthogonal due to the abundant multipath components. Therefore, antenna selection algorithms [10] can still be used by selecting the orthogonal antennas to acquire a better system performance in indoor scenario.
VI. CONCLUSIONS
This paper presents the system design, implementation, calibration, and validation of a wideband channel sounding method employing multiple frequency bands. It extends the sounding bandwidth by M times while the baseband signal does not exceed the hardware's operation bandwidth, which reduces the hardware cost significantly. The multipath channel simulation and the wired two-path channel validation shows that the sounder is able to achieve a delay resolution of 5 ns with good linearity as designed. To ensure system performance, the amplitude and phase calibration is vital in hardware implementation, and the calibration procedure provides a practical reference for researchers.
The multi-band switching scheme is a kind of channel sounding technique in frequency domain, and the average noise floor of channel impulse response is determined by the IFFT size, received SNR and the overall power of multipath signals. A margin of 15 dB above the average noise floor is adequate to avoid spurs in the noise section. Simulation and measurement results show that the spurious free dynamic range of the measured channel impulse response can be estimated with the proposed model in this paper.
Besides, the multi-band switching scheme is a general method for wideband channel sounding. Although the simulation and implementation are focused on 5.6 GHz with 200 MHz bandwidth, this method can be employed at higher carrier frequency with broader bandwidth as long as the hardware supports.
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